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DETAILED ACTION 

Claim Rejections - 35 USC §112 

The following is a quotation of the second paragraph of 35 U.S.C. 112: 

The specification shall conclude with one or more claims particularly pointing out and distinctly 
claiming the subject matter which the applicant regards as his invention. 

Claims 1 to 7 are rejected under 35 U.S.C. 112, second paragraph, as being 
indefinite for failing to particularly point out and distinctly claim the subject matter which 
applicant regards as the invention. 

Independent claim 1 is indefinite because the limitations of "c) combining the 
fields used for the calculating of priority value into a field group" and "d) forming a 
plurality of groups from each individual field and at least two fields of the array adjacent 
to this field" are confusing and do not make it clear how the fields are combined. The 
limitations recite "a field group" and then "a plurality of groups", so it is not clear whether 
the same groups are being referenced; generally, a first recitation of an element should 
be by an indefinite article "a" or "an", and then any subsequent reference to the same 
element should be by a definite article "said" or "the". Moreover, the manner in which 
the claim is drafted does not make it clear whether "a plurality of groups" are all formed 
from the same individual field and same two fields adjacent to this field, or each group is 
formed from different fields. Furthermore, independent claim 1 sets forth a limitation of 
"e) assigning a priority to the individual groups", but "the individual groups" does not 
have any strict antecedent basis because only "each individual field" is previously 
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recited. Similarly, independent claim 1 recites the limitation of "c) combining the fields 
used for the calculating of priority value into a field group", but "the calculating of priority 
value into a field group" lacks antecedent basis for "the calculating", and the actual 
recitation of "e) assigning a priority" does not occur until later in the claim, where the 
step is given as "assigning a priority" rather than "calculating of priority values". 

More generally, it is understood that Applicant is drawing an analogy between a 
two-dimensional array of pixels for an image and a two dimensional array of fields for an 
audio signal, but the analogy is faulty insofar as an image has two spatial dimensions, 
while an audio signal has a first dimension of frequency and a second dimension of 
time. Thus, it is unclear whether the fields are to be understood to be grouped only for 
frames by adjacent times or whether they may be grouped by adjacent frequencies. 

Claim Rejections - 35 USC § 103 

The following is a quotation of 35 U.S.C. 1 03(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 

Claims 1 to 3 and 7 are rejected under 35 U.S.C. 103(a) as being unpatentable 
over Atlas et al. in view of Yong. 

Concerning independent claim 1, Atlas etal. discloses a method for 
multiresolution scalable audio coding, comprising: 
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"resolving an audio signal into a number of n spectral components" - a 
normalized audio input signal is processed by a 2D transform; the first transform 
produces time varying spectral estimates (column 5, line 66 to column 6, line 4: Figure 
1 : Step 30); a two dimensional transform process starts with a filter bank, and a base 
transform process 154 provides a matrix of time samples having frequency indices k ("n 
spectral components") (column 8, line 1 to column 9, line 13: Figure 2); 

"storing of the resolved audio signals in a two-dimensional array with a 
multiplicity of fields, with frequency and time as dimensions and the amplitude as 
particular value to be entered in the field" - the transforms produce a magnitude matrix 
(column 6, lines 2 to 4: Figure 1); a 2D time frequency distribution 156 has a plurality of 
frequency bins across a vertical axis ("frequency ... as dimensions"), and a plurality of 
time windows across a horizontal axis ("and time as dimensions") (column 9, lines 5 to 
13: Figure 2); magnitude matrix contains coefficients that represent an approximate 
mean spectral density ("amplitude as particular value to be entered in the field") of the 
input signal, or an implicit power spectral density (column 6, lines 5 to 17 column 9, 
lines 56 to 60); the mean spectral density is represented by magnitude values X m D for 
each element of the matrix illustrated in Figure 2, where the magnitude values are 
equivalent to amplitudes; a magnitude matrix is represented by MSD function 
coefficients, which are equivalent to "the amplitude" of a "field" of "a two-dimensional 
array" because each MSD function coefficient represents a magnitude for a frequency 
component at a given time; 
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"assigning a priority to the individual groups, the priority of one group over 
another group becoming greater the greater the amplitudes of the groups values and/or 
the greater the amplitude differences of the values of a group and/or the closer the 
group is to the current time" - matrices are quantized and priority ordered into a data 
packet, with the least perceptually relevant information at the end of the packet 
(Abstract); coefficients of the quantized matrices are prioritized based on the spectral 
frequency and modulation frequency (column 3, lines 40 to 44); implicitly, a modulation 
frequency represents a change, or modulation, of an amplitude of a frequency 
component from frame to frame ("the greater the amplitude differences"); 

"sorting the field groups of said array with the aid of their priority value" - the 
prioritized coefficients are then encoded into the data packet in priority order, so that the 
most perceptually relevant coefficients are adjacent to the beginning of the data packet 
and the least perceptually relevant coefficients are adjacent to the end of the packet 
(column 3, lines 44 to 49); the final step prior to the transmission of the encoded data is 
perceptual ordering; an example of perceptual ordering is to put the highest priority 
elements of the magnitude and phase matrix into the bit stream packet first, where low 
modulation frequencies have priority over higher modulation frequencies (column 1 1 , 
line 61 to column 12, line 3); ordering the coefficients by perceptual priority is equivalent 
to "sorting the field groups" by "their priority value"; 

"storing and/or transmitting the groups to the receiver in the sequence of their 
priority" - matrices are quantized and priority ordered into a data packet, with the least 
perceptually relevant information at the end of the packet (Abstract); the prioritized 
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coefficients are then encoded into the data packet in priority order, so that the most 
perceptually relevant coefficients are adjacent to the beginning of the data packet and 
the least perceptually relevant information are adjacent to the end of the packet (column 
3, lines 41 to 53); the most perceptually relevant information can be sent, stored, or 
otherwise utilized, using the available channel capacity (column 3, lines 50 to 53); in 
addition to its use in producing data packets for transmission over a network, the 
present invention is equally applicable in creating data packets that require less storage 
space on a storage medium (column 10, lines 62 to 65); the ordered data are packed 
into a bit stream packet (column 12, lines 4 to 7). 

Concerning independent claim 1 , the only elements not clearly disclosed by Atlas 
et al. are "combining the fields used for the calculating of priority value into a field group" 
and "forming a plurality of groups from each individual field and at least two fields of the 
array adjacent to this field". Atlas et al. suggests that fields may be combined into field 
groups because MSD function coefficients ("fields") may be extracted from frequency 
groups approximately representing the critical band structure of the human auditory 
system. (Column 6, Lines 35 to 39) Moreover, MSD function coefficients are encoded 
into a data packet by a run length coder to remove redundancy. (Column 7, Lines 1 to 
3) Implicitly, run length coding of MSD function coefficients combines identical adjacent 
coefficients by a single symbol in the same manner that run length coding of pixels 
combines identical adjacent pixels by a single symbol. Similarly, Atlas et al. discloses 
auditory notes, which are equivalent to combining adjacent fields because a note has a 
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plurality of frequency components and time components. However, Atlas et al. does not 
clearly disclose that priority is assigned based on greater amplitude values or greater 
amplitudes differences, although it is contended that a modulation frequency represents 
a change in amplitude of frequency components between frames. 

Concerning independent claim 1, Yong teaches a prioritization method and 
device for speech frames coded by a linear predictive coder, where a priority is 
assigned to a selected speech frame based on at least an energy ("amplitude") of the 
speech frame. (Abstract) A priority is assigned to each selected speech frame that 
protects against loss of perceptually important and/or hard-to-reconstruct speech 
frames based on a comparison of priorities assigned to selected immediately previous 
speech frames. (Column 3, Lines 43 to 57) One method assigns a high priority to high 
energy speech frames and a low priority to low energy speech frames. (Column 5, Line 
68 to Column 6, Line 2) Yong provides for "combining the fields . . . into a field group" 
and "forming a plurality of groups from each individual field and at least two fields . . . 
adjacent to this field" because assigning of priority is based on a current speech frame 
(CSF) and one or more immediately preceding speech frames (IPSF). (Column 2, Lines 
35 to 59: Figure 2) An ONSET or NON-ONSET condition is set by grouping a plurality 
of frames as to whether they have a large variation from their preceding speech frames 
or that are a beginning of a talkspurt. (Column 4, Lines 61 to 66; Column 6, Lines 7 to 
21 ) Yong states an objective for prioritization of speech frames in a linear predictive 
coder is to protect against loss of perceptually important information. (Abstract) It 
would have been obvious to one having ordinary skill in the art to apply a prioritization 
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method in a time domain for linear predictive coding to group fields for calculating 
priority as taught by Yong in a perceptually ranked signal coding method based on a 
time-frequency matrix of Atlas et al. for a purpose of protecting against loss of 
perceptually important information. 

Concerning claim 2 and 3, Atlas etal. discloses that magnitude matrices are 
priority ordered so that the least relevant information may be placed at the end of the 
packet (Abstract; column 3, lines 44 to 49); depending upon the channel capacity, the 
least perceptually relevant information may not be added to the data packet before 
transmission; alternatively, the least perceptually relevant information may be truncated 
from the data packet (column 3, lines 50 to 57); fine grain scalability can be achieved by 
truncating a frame at any point above a predefined minimum threshold before 
transmission determined by available bandwidth, with a minimal adverse impact on the 
perceived quality of the perceptual data (column 12, lines 4 to 19); thus, either "the 
entire audio signal ... is processed and transmitted in its entirely" by placing the least 
relevant information at the end of the packet, or "only a portion of the audio signal is 
processed and transmitted" when the least perceptually relevant information may not be 
added to, or is truncated from, the data packet as determined by available bandwidth. 

Concerning claim 7, Atlas et al. discloses a decoder 200 receives a packet, and 
reverses the encoding process, yielding standard PCM code for playback (column 1 1 , 
lines 10 to 35: Figure 9); applications include listening, sampling, or purchasing music 
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via electronic distribution systems or broadcast systems, or for progressive playback of 
music (column 13, lines 1 to 59); implicitly audio systems operate on electric signals. 

Claims 4 to 6 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Atlas et al. in view of Yong as applied to claim 1 above, and further in view of Levine et 
al. 

Concerning claims 4 and 5, Atlas etal. discloses a two-dimensional transform 
process involving a time domain aliasing canceling filter bank, a modified discrete 
cosine transform (MDCT), and a modified discrete sine transform (MDST) for producing 
magnitude values X m D for each element of the matrix. (Column 8, Line 1 to Column 9, 
Line 60: Figure 2) A modified discrete cosine transform (MDCT), and a modified 
discrete sine transform (MDST) are somewhat more complex representations of a Fast 
Fourier Transform (FFT) and a number n of frequency selective filters, because Atlas et 
al. is concerned with preserving phase information. However, Atlas et al. does disclose 
a filter bank, which is equivalent to "a number n of frequency selective filters." In any 
event, it is well known that there are a plurality of art recognized alternative ways of 
transforming a signal into its individual frequency components by Fourier analysis, and 
that filter banks ("a number n of frequency selective filters") and a Fast Fourier 
Transform are among the most common alternatives. Specifically, Levine et al. teaches 
a system and method for multiresolution scalable audio signal encoding, where a multi- 
complementary filter bank 132 splits an input audio signal into several octave-band 
signals 136 on lines 138-1 to 138-n for bands 1 to n. (Column 5, Line 19 to Figure 6, 
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Line 17: Figure 1: Table 1) Then, a sinusoidal component identifier 140 is implemented 
using a short time frame FFT to identify spectral peaks within each band signal 136. 
Sinusoidal components parameters 142 are produced by the FFT analysis to give a 
parameter tuple representing frequency, amplitude, and phase of each identified 
spectral component. (Column 6, Lines 18 to 50: Figure 1) An objective is to identify 
deterministic or sinusoidal components, transient components representing the onset of 
notes or other events in an audio signal, and stochastic components, so that 
compressed encoded audio data can meet a specified transmission bandwidth limit. 
(Abstract) It would have been obvious to one having ordinary skill in the art to substitute 
art recognized alternatives of an FFT and a number n of frequency selective filters as 
taught by Levine et al. for the filter bank, MDCT, and MDST of Atlas et al. for a purpose 
of reducing bandwidth by identifying transient components representing the onset of 
notes for an audio signal. 

Concerning claim 6, Atlas et al. omits interpolation at a receiver of values still to 
be transmitted from already available values due to the assigned prioritization. 
However, it is fairly well known to interpolate lost packets from available data in audio 
coders operating according to a standard of MPEG. Specifically, Levine et al. teaches a 
system and method for multiresolution scalable audio signal encoding, where a missing 
packet can be estimated by interpolating from values received in the data packets 
before and after a lost packet when a packet happens to be lost in transmission. 
(Column 13, Lines 13 to 20) An objective is to identify deterministic or sinusoidal 
components, transient components representing the onset of notes or other events in 
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an audio signal, and stochastic components, so that compressed encoded audio data 
can meet a specified transmission bandwidth limit. (Abstract) It would have been 
obvious to one having ordinary skill in the art to interpolate values still to be transmitted 
from already available values as taught by Levine et al. for a method of multiresolution 
scalable audio coding erf Atlas et al. for a purpose of reducing bandwidth by identifying 
transient components representing the onset of notes for an audio signal. 

Response to Arguments 

Applicant's arguments filed 04 August 2008 have been considered but are moot 
in view of the new grounds of rejection, necessitated by amendment. 

Applicant has amended independent claim 1, but has presented no significant 
new arguments for patentability. 

Conclusion 

The prior art made of record and not relied upon is considered pertinent to 
Applicant's disclosure. 

Imai, Sato, and Takamizawa et al. disclose related art. 

Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Martin Lerner whose telephone number is (571) 272- 
7608. The examiner can normally be reached on 8:30 AM to 6:00 PM Monday to 
Thursday. 
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If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, David R. Hudspeth can be reached on (571) 272-7843. The fax phone 
number for the organization where this application or proceeding is assigned is 571- 
273-8300. 

Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-217-9197 (toll-free). If you would like assistance from a 
USPTO Customer Service Representative or access to the automated information 
system, call 800-786-9199 (IN USA OR CANADA) or 571-272-1000. 

/Martin Lerner/ 
Primary Examiner 
Art Unit 2626 
August 27, 2008 


